We designed a new type of nonlinear digital hearing aid (TD-1) with near-instantaneous amplitude compression for sensorineural hearing-impaired people. The amplification method utilized by the TD-1 normalizes the signal waveforms within a time window bounded by two adjacent positive going zero-crossing points. The signals within this window are amplified so that the maximum amplitude reaches a preset value, thus allowing a consistent peak amplitude to be maintained. To test this, we examined the efficacy of the TD-1 device in 31 patients with sensorineural hearing loss. When tested for recognition of Japanese sentences in a quiet environment, 7 of 25 (28.0%) subjects wearing the TD-1 showed a 20% or greater increase in the maximum intelligibility score than that obtained when wearing their own linear hearing aids. In addition, 7 of 31 (22.6%) subjects showed the same increase with the TD-1 relative to that obtained when they wore HA70 or HA73 devices (Rion Co., Ltd., Tokyo, Japan), which are conventional analogue hearing aids. These results indicate that TD-1 can be effective for patients with sensorineural hearing loss.
Introduction
Because most sensorineural hearing-impaired listeners have a reduced dynamic range of perceived sound levels, many recent hearing aids function to compress the range of signal levels into a smaller range [1, 3, 5, 6, 8] . Still, the time-varying properties of speech and environmental signals present a challenge to this approach. When sound pressure levels of an auditory signal change rapidly and frequently, it is difficult for compression systems to detect the accurate level of these signals and to determine the appropriate gain. Inappropriate compression causes insufficiency of gain, excessive overshoots and undershoots of amplitude, and can degrade speech perception. To overcome this, we have developed a new digital hearing aid with near-instantaneous amplitude compression. It can efficiently compress speech sound signals and completely suppress excessive input. Here we describe the characteristics of this wearable digital hearing aid (TD-1) and report its effects on the perception of spoken Japanese by sensorineural hearing-impaired patients.
Materials and methods

Subjects and testing procedure
We examined the ability of subjects to identify correctly Japanese phrases or sentences while wearing a hearing aid in a quiet environment. Thirty-one subjects with sensorineural hearing loss participated in the experiment. They consisted of 17 males and 14 females, and their mean age was 64.1 years with a range of 12-90 years. The average of three audiometric thresholds (500, 1000 and 2000 Hz) was calculated for each subject, and the resulting averages ranged from 43.3 to 105.0 dB HL (Table 1 ). There were 15 moderately hearing-impaired subjects with average audiometric thresholds under 70 dB HL and 16 severely or profoundly hearingimpaired subjects with averages 70 dB HL and over. The subjects consisted of six new and 25 experienced users of hearing aids. The hearing aids used in this experiment were our digital hearing aid (TD-1), HA70 or HA73 devices (Rion Co., Ltd., Tokyo, Japan) as well as the analogue devices normally worn by 25 of the subjects. HA70 and HA73 are conventional analogue body-type hearing aids. HA70 adopts a linear amplification with peak clipping, and HA73 has a compression limiting system. Both of these devices can change their frequency response: HA70 in low frequency bands, and HA73 in both low and high frequency bands. These devices were adjusted according to POGO (prescription of gain/output), and each subject with his or her own hearing aid adjusted it to the condition of its usual use.
We digitally recorded Japanese phrases and sentences read by a 27-year-old male professional announcer (sampling rate 48 kHz, 16 bits). From these recordings, we prepared 12 lists. Each list consisted of five sentences or 20 phrases ( Nonlinear digital hearing aid with near-instantaneous amplitude compression was randomly selected for one hearing aid and one sound level condition. The sentences were presented at four sound pressure levels (50, 60, 70 and 80 dB SPL) through a speaker which was positioned 1 m in front of the subjects. The subjects did not change the volume control on their hearing aids once the experiment began. The subjects were asked to repeat the sentence or phrase that they heard. The number of phrases correctly repeated (from 0 to 20) was expressed as a percentage of all the phrases presented; this percentage was used as a speech intelligibility score.
Characteristics of the TD-1 hearing aid
In the time domain, an input signal waveform changes between negative and positive forms at a zero-crossing point. The basic principle of amplification adopted by the TD-1 is the normalization of the signal waveform within a time window bounded by two adjacent positive going zero-crossing points (Fig. 1) . The signal within this time window is amplified at a certain rate so that the maximum amplitude reaches a preset peak amplitude. The signals in the next time window (between the next two zero-crossing points) are amplified in a similar manner, but the amplification rate of the latter time window may be different from that of the former. Thus, the amplification rate is adjusted independently for each time window so that a consistent peak amplitude is maintained. With this method, the time windows have different lengths; this prevents the formation of discontinuous points between time windows, and prevents the periodic noise that can arise with windows of equal length. This method amplifies the signal to a preset amplitude, while maintaining spectral information, such as the formants in speech (Fig. 2) . We developed our own program for the above processing in a digital signal processor (DSP) chip (ADSP-2103; Analog Devices, Inc., Mass., USA) with its assembly language. The newly developed program was installed on the ROM of the prototype of a body-type digital hearing aid that had the same DSP. The analogue signal input to the microphone was processed with a bandpass filter (300-5000 Hz) and digitised by an A/D converter (sampling rate 11,160 Hz, 12 bits) in the TD-1 device. Frequencies less than 300 Hz were cut off because low frequencies prolong the interval between zero-crossing points and attenuate the effect of normalizing signal waveforms. Frequency bands over 5000 Hz were also cut off to prevent aliasing. After DSP chip processing, the signals were converted to analogue signals by a D/A converter, and were transmitted to the earphones via the amplifier. The minimum time window between zero-crossing points was defined as 2.2 ms and the maximum time window (buffer time) was defined as 5.7 ms, so the sound delay from input to output by digital processing was 5.7 ms.
If the amplitudes of all the input signals are amplified to a certain level, the amplitude of background noise during gaps in speech is also significantly amplified and the long term signal-tonoise ratio (SNR) becomes 0 dB (but SNR is maintained during speech). To prevent excessive amplification of background noise during gaps in speech, the TD-1 applies linear amplification to sounds whose levels are lower than a certain value (Fig. 3) . This linear-nonlinear amplification conversion point (compression threshold) is switch-selectable and a user can easily select the adequate threshold from 12 levels according to the environmental conditions.
The output waveforms of the TD-1 device are illustrated in Fig. 4 . The low amplitudes of consonants are amplified and the whole envelope of the signal has nearly constant amplitude. When a high amplitude sound suddenly occurs, this hearing aid is effective in completely suppressing the sound. Figure 5 shows the relationship between the sound pressure level of the presented sentences and speech intelligibility scores. At the lowest levels of speech, the number of the subjects who correctly identified 50% or more of the phrases was zero (0%) of the 25 subjects wearing their own hearing aid, two (6.5%, two moderately hearing-impaired) of 31 wearing HA70 or HA73, and nine (29.0%, six moderately and three severely or profoundly hearingimpaired) of 31 wearing the TD-1. Moreover, these nine subjects wearing the TD-1 had intelligibility scores that were 50% or greater at all sound levels tested.
Results
We compared the maximum intelligibility score obtained when subjects used the TD-1 device with those obtained when subjects used other hearing aids (Fig. 6) . Here, the maximum intelligibility score is defined as the best value of the four intelligibility scores obtained at the four different sound pressure levels. In total, seven (28.0%) of the subjects wearing the TD-1 had the scores that were 20% or higher than the scores obtained with the subject's own hearing aid; three of these subjects had moderate hearing loss and four had severe or profound hearing loss. Comparisons between the TD-1 and HA70 or HA73 showed that seven (22.6%) subjects had a 20% or greater increase in the maximum intelligibility score when wearing the TD-1; three of these had moderate hearing loss and four had severe or profound hearing loss.
525 Fig. 1 Principle of normalization of the sound signal waveform. A time window (TW 1) is defined by two zero-crossing points (Z0, Z1) at which a waveform changes from negative to positive. In this time window, the signals are amplified at a certain rate so that the maximum amplitude point reaches a preset peak amplitude (A). The signals in the next time window (TW 2) between the two zero-crossing points (Z1, Z2) are amplified in a similar manner. Dotted line unprocessed waveform, solid line processed waveform Fig. 2 a, b Sound waveform and spectrogram of /ka/. a Before processing, and b after computer processing this word. Note that spectral information, including formants, is maintained after processing
Discussion
Many patients suffering from sensorineural hearing loss have a limited dynamic range of perceived sound levels. Therefore, recent hearing aids generally adapt the amplifiers to behave nonlinearly and to compress the range of sound levels into a smaller dynamic range.
A conventional compression amplifier has a level-detecting device in its block diagram [2] . One problem with the level-detector is that it cannot amplify signals instantaneously; rather, it requires a finite time to operate. For example, when a decrease in sound level occurs within a signal, one cannot know instantly whether the level decrease will be sustained or not. It is necessary to wait at least one period of the waveform before it can be determined whether the next peak is really smaller than the preceding one. Such a level detector is not able to amplify transient level changes appropriately; this results in amplitude overshoots and undershoots, and may lead to poor speech intelligibility [4, 9] . Inclusion of a delay in the signal path can reduce the overshoots [4, 9] , but the problem of the undershoots still remains. Thus, conventional compression methods that use level detectors are limited in the precise detection of fast, time-varying sound levels.
To circumvent this drawback of conventional compression amplifiers, we developed the TD-1 device that accomplishes near-instantaneous compression. This new device analyses waveforms between the zero-crossing points of the signal in the time domain. The time window bounded by two zero-crossing points is treated as a unit for detecting the level and changing the amplification rate of the sound signal. Therefore, amplification proceeds for each time window sequentially. The TD-1 never produces overshoots or undershoots of amplitude. Because the peak amplitude of each time window is fixed, the TD-1 can fully emphasize the lower amplitude elements of input signals, such as consonants, and can completely suppress the higher amplitude parts such as transient impact noise.
In addition, spectral distortion and the changes in phase that result from amplification can be controlled to minimum levels. Thus, this method successfully compresses the wide dynamic range of input signals into a smaller dynamic range.
The TD-1 device can offer advantages for some hearing-impaired patients. We found that (1) 29.0% of the subjects wearing the TD-1 had intelligibility scores that were 50% or more at 50 dB SPL, which was the lowest level of speech tested, and (2) the maximum intelligibility score was increased by 20% or more with the TD-1 relative to the score with the subject's own hearing aid in 28.0% of the subjects, and relative to that with HA70 or HA73 in 22.6% of the cases. We especially consider the second finding important because few compression systems have been reported to offer better speech intelligibil-526 Fig. 3 Three examples of the input/output transfer functions of TD-1. The input signal, which is below a certain level, is amplified by linear amplification. The linear-nonlinear amplification conversion point (compression threshold) is selected from among 12 levels Fig. 4 a, b The output waveforms of hearing aids. a Within the input waveforms of CV syllables /pa//ta//ka/, the amplitudes of consonants are low. In the output waveform, however, their amplitudes are increased to levels that are nearly as high as the amplitudes of vowels. b When an impulse noise (hand clapping sound, lasting for about 30 ms) is received, the TD-1 is able to control the amplitude so that it does not exceed a certain level. In contrast, a hearing aid with automatic gain control (AGC) cannot fully control such transitory noise ity than the linear amplification systems at a sufficient level of speech [3] . Since the present tests were performed in quiet surroundings, we think it is necessary to confirm its effectiveness under noisy conditions. The enhanced speech recognition obtained for some subjects wearing the TD-1 may be due to the compression method used by this device, which probably promotes the transmission of temporal information in sound waveforms. Speech sounds carry important information in the time domain. Kojima et al. [7] conducted a unique experiment to study the speech recognition of normal subjects. They synthesized stimuli by transforming original speech waveforms into click sequences; the resulting stimuli did not contain formant information, but did contain temporal information. The results of the recognition test showed a good perception of the sounds made from sequential speech, indicating the importance of temporal information for speech recognition. Conventional hearing aids based on level-detection procedures may degrade temporal information, whereas the TD-1 may preserve this information in addition to maintaining spectral information of speech signals.
In addition, the TD-1 is notable for its ease of use. The user can easily adjust two parameters, the output level 527 Fig. 5 a, b The relationship between the sound pressure level of the presented sentences and the percentage of phrases or sentences correctly identified using different hearing devices. a Subjects with moderate hearing loss. b Subjects with severe or profound hearing loss Fig. 6 Comparisons between the maximum intelligibility scores obtained with the TD-1 and those obtained with other hearing aids (volume) and the linear-nonlinear conversion point, according to their situation. Furthermore, the amplification technique used by TD-1 requires limited arithmetic processing and its power consumption can be controlled. The present prototype is a body-type hearing aid, but it may be remodelled into a smaller device such as a behind-the-ear or a canal-type hearing aid.
Because the TD-1 is based on the new theory of nearinstantaneous amplitude compression, it preserves some temporal information in addition to maintaining spectral information, and thus it can be added to the hearing aids available to hearing-impaired patients.
